Abstract: Based on the anthropometric data of Korean male adults, a head and torso simulator (HATS) is constructed to measure its head related transfer functions (HRTFs) which can be used for three dimensional (3-D) sound application. HRTFs for the HATS are measured in an anechoic chamber using a burst maximum length sequence (MLS) signal of 65,535 samples and 32,768 samples acquisition at the sampling rate of 75.47kHz. Also measured are impulse responses of a driving loudspeaker and some headphones for 3-D sound reproduction to get the exact HRTF of the HATS-alone. The impulse-version HRTFs at the sampling frequency of 44.1 kHz, which have filter lengths of 512 points with minimum phase characteristics are finally obtained through a post-processing procedure.
INTRODUCTJON
In 3-D sound processing for a sound source, it is essential to control the corresponding spatial sound imagery. It has been known that the important cues with which we could perceive the direction of a sound were the interaural time differences (ITD) and interaural intensity differences (IID) across both ears [I] . Since we can get these cues to measure so-called head related transfer functions (HRTFs), we can localize the sound image at a spatial point corresponding to arbitrary azimuth and elevation angles, through filtering that sound source by HRTFs [2] [3] .
in general, however, the characteristics of these HRTFs mainly depend on the size and shape of the ear, head, shoulder, and etc. Therefore, the characteristics of individual HRTFs are different from person to person. Consequently, from the macroscopic point of view, it is supposed that there may be a considerable difference in measured HRTFs between nations, especially between the Asian and the European, and that the effect of sound localization using these HRTFs may be different.
In this paper, a head and torso simulator (HATS) is constructed based on the anthropometric data of Korean male adults and HRTFs of the HATS are measured. And the impulse-version HRTFs, in which characteristic responses of a measurement system are compensated, are obtained through a post-processing.
CONSTRUCTION OF A HATS AND ITS HRTF MEASUREMENT
From a pre-test to find a difference in HRTFs, we could find different characteristics of HRTFs, especially over frequencies of above 6 kHz, between a dummy-head microphone according to IEC Pub. 959 and a person with data near the Korean anthropometric standards. So, we made a HATS based on the national anthropometric standards on the head and torso dimensions of Korean male adults. In the ear dimension, the ANSI data were used
141.
HRTFs for the HATS were measured at 710 points on a spherical surface of radius 1.55 meters using a burst maximum length sequence (MLS) signal of 65,535 samples in an anechoic chamber. The absorption rate of the anechoic chamber was beyond 99 percentage for the frequencies above 70 Hz and so we could almost ignore the effect of wall reflections for the frequencies above IOOHz. We can avoid interference due to room reflections by ensuring that any reflections occur well after the head response time, which is about 4.5 milliseconds.
The impulse response of the whole measurement system is calculated as the ratio of the input signal to the output signal in the MLS analyzer with l2-bit A/D converter, using 32,768 samples acquisition at the sampling rate of 75.47kHz. Microphones of B&K type phantom P48 (16mm) and type 4134 (114") were located at the left ear and right ear of the HATS, respectively. We used Boss 10 1 A loudspeaker whose frequency response was ? I OdB in deviation over frequencies of 100 Hz -20 kHz and sound pressure level was increased as frequency increased.
The angular positions of 710 points were selected as follows. First, elevation angle was varied from -40 to 90 degrees in the step of 10 degrees. And resolution of azimuth angles was finest at 0 degrees elevation, i.e., 5 degrees, and become coarse as the elevation was changed.
POST-PROCESSING FOR THE HRTF DATABASE
In the HRTF measurement, we also measured impulse responses of the driving loudspeaker and several commercial headphones to create their inverse filters. Because the impulse responses of the loudspeaker and the headphones have no ideal characteristics, we have to compensate their responses in order to get the exact response of the HRTF for the HATS-alone. Therefore, first, we transformed the measured impulse responses into the spectra in frequency domain via fast Fourier transform (FFT). Then, their inverse spectra were calculated and we got the inverse filters for the impulse responses of the loudspeaker and headphones through inverse FFT (IFFT) on the inversed spectra. When the inverse filter is calculated, the original impulse response must be of minimum phase. Therefore, we calculated the real cepstrum of each inverse filter and got the final inverse filters of minimum phase.
In the following, the procedure for a post-processing to get the database of the impulse-version HRTFs which can be used for 3-D sound application is summarized briefly: (i) Conversion and normalization into l6-bit integer format are carried out. (ii) Sampling rate is changed from 75 kHz to 44.1 kHz. (iii) Optimize the HRTF filter length into 512 samples long. (iv) Implement the inverse filters for the loudspeaker and headphones.
Time and frequency responses of a HRTF for the left ear of the HATS before and after the post-processing, for example, at elevation of 0 degree and azimuth of 45 degrees are shown in figure 1.
Using the HRTF database, we implemented a 3-D sound processor for headphone reproduction, as a sound editing tool for 3-D sound in personal computer. 
